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(57) The present inventions discloses a so called 
Discrete Multi Tone or DMT signal processor which is 
coupled to a transmitting end of a communication line 
and which reduces the need for the clipping of the ampli- 
tude of the output signal OS*. The signal processor 
includes the cascade connection of a vector transforma- 
tion circuit VTC, a modulator MOD and a peak detection 
circuit PDC. The VTC circuit is provided with a plurality 



of input vectors IN whereon a vector transformation is 
performed according to a signal at a control terminal (CT) 
of the peak detection circuit PDC which is indicative of 
the fact that the amplitude of the output signal OS pro- 
vided by the modulator MOD exceeds a predetermined 
threshold value. 




FIg1 



Primed by Rank Xerox (UK) Business Services 
2.12.4/3.4 



1 



EP 0 719 001 A1 



2 



Description 

The present invention relates to a signal processor 
including first means adapted to provide an output signal 
which equals the sum of a plurality of modulated signals 
represented in a signal vector plane by a plurality of input 
vectors 

Such a signal processor is already known in the 
art e.g. from the US patent 4,679,227. Therein, the first 
means is referred to as a modulator which generates a 
digitally encoded time series or an output signal repre- 
senting a waveform comprising the sum of quadrature 
amplitude modulated (QAM) carrier frequencies or mod- 
ulated signals. The output signal is forwarded by the 
modulator to a digital-to-analog converter DAC which 
provides an analog output signal to an I/O interface cou- 
pled to a communication line. 

The output signal may have large amplitude peaks 
or so called spikes due to constructive interference of the 
modulated signals which are summed. Consequently, 
the DAC converter needs to use a large number of bits 
to convert these spikes with sufficient precision. How- 
ever, a large number of bits also means an expensive 
DAC. One may reduce the number of bits used by the 
DAC converter, by clipping the amplitude value of the out- 
put signal to a maximum value. In this way, the DAC con- 
verter becomes less expensive, but on the other hand 
there is a chance that information modulated on the QAM 
carrier frequencies is lost. Indeed, clipping the amplitude 
of the output signal is equivalent with changing the ampli- 
tude and/or phase of these carrier frequencies and thus 
it is equivalent with changing the information which is 
modulated on these QAM carrier frequencies as phase 
and amplitude variations. 

It is thus clear that clipping is to be avoided as much 
as possible. 

An object of the present invention is to provide a sig- 
nal processor of the above known type, but which 
reduces the need for clipping of the output signal and 
which thus allows the use of a cheaper DAC converter 
without possible loss of information. 

According to the present invention, this is acchieved 
due to the fact that said signal processor further includes 
a cascade connection of third means said first means 
and second means, said second means being adapted 
to activate a control signal at a control terminal thereof if 
the amplitude of said output signal exceeds a predeter- 
mined amplitude threshold, said third means being 
adapted to perform a predetermined transformation of 
said input vectors upon said control signal being acti- 
vated, said second means further being adapted to pro- 
vide said output signal at an output terminal of said signal 
processor. 

Indeed, the amplitude value of the output signal is 
accurately modelled as a Gaussian Random Variable 
due to the fact that the output signal equals the sum of 
a plurality of modulated signals. The probability P that 
the amplitude of the output signal is bigger than the 
amplitude threshold and that the input vectors are trans- 



formed by the third means, is smaller than one i.e. P<1 . 
As a result, the first means provides an output signal for 
which the probability that the amplitude is larger than the 
amplitude threshold is P.P which is smaller than P. The 
5 latter probability is unconditional due to the predeter- 
mined transformation. 

A characteristic feature of the invention is that said 
plurality of input vectors are represented in said signal 
vector plane by a plurality of orthogonal coordinate pairs 
10 and that said first means is adapted to process said out- 
put signal by means of an inverse fast fourier transfor- 
mation of said plurality of orthogonal coordinate pairs. 

In this way, the first means provides the output signal 
in a very reliable way. 
is Another characteristic feature is that said predeter- 
mined transformation comprises a rotation in said signal 
vector plane of said input vectors over respective prede- 
termined angles. 

In this way, a simple transformation is achieved. 
20 Yet another characteristic feature is that said prede- 
termined transformation further comprises a multiplica- 
tion of the amplitudes of said input vectors with 
respective predetermined factors, which realizes a more 
complex transformation. 
25 A further characteristic is that said signal processor 
includes a counter register which is coupled between 
said second and said third means and which is incre- 
mented upon said control signal being activated, and that 
said output signal is provided at said output terminal by 
30 said second means if a value of said counter register 
exceeds a predetermined counter threshold. 

As a result the need for clipping the output signal is 
reduced even more. Indeed, the probability that the 
amplitude of the output signal which is provided after K 
35 input vector transformations. K being equal to the prede- 
termined counter threshold, is P A K (P to the power K) 
which is even smaller than P.P i.e. P A K « P < 1 . 

Still another characteristic is that said predeter- 
mined transformation is performed according to said 
40 value of said counter register and that said third means 
is adapted to set a predetermined one of said input vec- 
tors in such a way as to being indicative of said value of 
said counter register. 

In this way, the output signal contains information, 
45 i.e. the value of the counter register, concerning the pre- 
determined transformation which is performed according 
to the latter value. 

An advantage of the present invention is the fact that 
said second means further includes storage means 
so adapted to store said output signal during a time period 
determined by said value of said counter register. 

Indeed, the time delay between the input of the input 
vectors to the signal processor and the output of the out- 
put signal by the second means is constant if the above 
ss time period is properly determined for each value of the 
counter register. More in particular, the time period T(M) 
for a value M of the counter register equals T(M+1) plus 
the time period needed by the third means to perform a 
transformation of the input vectors Tthird plus the time 
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period needed by the first means to provide the output 
signal Tfirst i.e. T(M) = T(M+1) + Tthird + Tfirst . 

A particular feature is that said storage means is 
adapted to store said output signal as a sequence of dig- 
ital amplitude values, and that said second means is s 
adapted to limit said digital amplitude values to said pre- 
determined amplitude threshold. 

In this way, a less expensive DAC converter may be 
used because the amplitude of the output signal is limited 
to the amplitude threshold value. 10 

The above signal processor is coupled to the above 
mentioned communication line at the transmitting side. 
However, at the receiving side another signal processor 
complementary to the first one is coupled to the latter 
communication line. This complementary processor is 15 
adapted to process an input signal substantially equal to 
the above mentioned output signal provided by the signal 
processor coupled to the communication line at the 
transmitting side. 

The present invention therefore further relates to a 20 
signal processor including first means adapted to pro- 
vide a plurality of output vectors representing a plurality 
of modulated signals in a signal vector plane, an input 
signal of said signal processor being comprised of said 
modulated signals. 25 

Characteristic features of this processor are that 
said signal processor includes the cascade connection 
of said first means and second means, said second 
means being adapted to perform a predetermined trans- 
formation of said output vectors according to a value indi- 30 
cated by a predetermined one of said output vectors; and 
that said plurality of output vectors are represented in 
said signal vector plane by a plurality of orthogonal coor- 
dinate pairs, and that said first means is adapted to proc- 
ess said plurality of orthognal coordinate pairs by means 35 
of a fast fourier transform of said input signal. Finally, said 
predetermined transformation comprises a rotation in 
said signal vector plane of said output vectors over 
respective predetermined angles; and said predeter- 
mined transformation further comprises a multiplication 40 
of the amplitudes of said output vectors with respective 
predetermined factors. 

The above mentioned and other objects and fea- 
tures of the invention will become more apparent and the 
invention itself will be best understood by referring to the 45 
following description of an embodiment taken in conjunc- 
tion with the accompanying drawings wherein : 

Fig 1 shows a signal processor SPT according to the 
invention which is coupled to the transmitting side of so 
a communication line; 

Fig 2 shows a signal processor SPR coupled to the 
receiving side of the above communication line. 

Referring to Fig 1 , the signal processor SPT has a ss 
plurality of input terminals IN coupled to an output termi- 
nal OS' via the cascade connection of a vector transfor- 
mation circuit VTC, a modulator MOD and a peak 
detection circuit PDC. An input/output terminal T3 of the 



PDC circuit is coupled via a counter register CR to an 
input terminal T1 of the VTC circuit. A control output ter- 
minal CT of the PDC circuit is further connected to an 
input terminal T2 of the VTC circuit. 

Referring to Fig 2, the signal processor SPR has an 
input terminal IS coupled to a plurality of output terminals 
OUT via the cascade connection of a demodulator 
DEMOD and a detection and vector transformation cir- 
cuit DVTC. The operation of the signal processor SPT is 
hereafter described. 

The signal processor SPT provides a so called Dis- 
crete Multi Tone or DMT signal OS' at its like named out- 
put terminal. The signal OS' equals the sum of a plurality 
of Quadrature Amplitude Modulated or QAM signals 
which are represented in a QAM signal vector plane by 
corresponding signal vectors or so called constellation 
points. The DMT technique is well described in the above 
mentioned US patent. 

These signal vectors are represented in the signal 
vector plane by orthogonal coordinate pairs IN which are 
input to the signal processor SPT via the like named plu- 
rality of input terminals. The initial value of the counter 
register CR is zero and the control terminal CT of the 
PDC circuit is set low. The VTC circuit sets the orthogo- 
nal coordinates of a predetermined one of the above sig- 
nal vectors to predetermined values so that the latter 
predetermined input vector is indicative of the value of 
the CR register. To be noted that the latter vector can not 
represent information other than the value of the counter 
register CR. When the value of the counter register is 
zero, the VTC circuit passes the orthogonal coordinated 
pairs IN* which are equal to the coordinate pairs IN 
except for the coordinate pair representing the above 
predetermined input vector, to the modulator MOD which 
performs an Inverse Fast Fourier Transform IFFT so as 
to provide an output signal OS which equals the sum of 
the above mentioned QAM signals. The modulation tech- 
nique of the IFFT is well known to a person skilled in the 
art and is therefore not described in detail. The latter out- 
put signal OS comprises a series of digital amplitude val- 
ues and is forwarded to the PDC circuit which detects 
the peak amplitude value. The latter peak amplitude 
value is then compared with a predetermined amplitude 
threshold value and the control signal provided at the 
control terminal CT is set low/high if the peak value is 
smaller/larger than the threshold value. Upon the control 
signal being set high, the PDC circuit also increments 
the counter register CR via its terminal T3. 

If the latter control signal is set low, the output signal 
OS is stored in a buffer register BUF of the PDC circuit 
during a time interval T(M), M being the value of the CR 
register (in this case M=0) and the CR register is reset 
to zero via terminal T3, How to determine T(M) is 
described further on. 

If the control signal is set high, the signal at the input 
terminal T2 of the VTC circuit is also set high upon wich 
the VTC circuit sets the orthogonal coordinates of the 
above mentioned predetermined one of the above signal 
vectors to predetermined values indicative of the incre- 



3 



5 



EP 0 719 001 A1 



6 



merited value of the CR register. The above predeter- 
mined input vector is then again indicative of the latter 
value. Furthermore, the VTC circuit modifies the orthog- 
onal coordinates of the other signal vectors so as to per- 
form a vector transformation of the latter signal vectors. 
The vector transformation is a phase rotation of the sig- 
nal vectors in the signal vector plane over corresponding 
angles which are determined for each signal vector by 
the value M of the CR register. To be noted that the latter 
vector transformation may also comprise multiplication 
of the amplitudes of each signal vector with factors deter- 
mined for each signal vector by the value M of the CR 
register. To be noted that for each value M, a different 
transformation is performed. 

The modified orthogonal coordinate pairs are then 
forwarded to the modulator which performs the IFFT 
tranformation to provide another output signal OS which 
is passed to the PDC circuit. The PDC circuit then checks 
if the value of the CR register is smaller/equal to a coun- 
ter threshold value. In case the value of the CR register 
is smaller than the latter threshold value, the PDC circuit 
operates as described above i.e. stores the output signal 
in the buffer register BUF during a time period T(M). In 
case the value of the CR register is equal to the counter 
treshoid value, the PDC circuit clips the amplitude of the 
output signal to a predetermined amplitude threshold 
Athres and forwards the output signal to the output ter- 
minal OS' of the SPT processor, the CR register is reset 
to zero and the control signal at terminal CT is set low. 
In this way, only a limited number of vector transforma- 
tions are performed on the same plurality of input vectors 
and the amplitude of the output signal is limited to the 
amplitude threshold value. 

With respect to the time interval T(M) that the output 
signal OS is stored in the buffer register BUF of the PDC 
circuit for a value M of the CR register the following is to 
be noted : T(M+1) = T(M) - Tvtc - Tmod , i.e. the time 
interval T(M+1 ) for a value M+1 of the CR register equals 
T(M) minus the time needed to perform a vector trans- 
formation in the VTC circuit and minus the time to per- 
form an IFFT transformation in the modulator MOD. In 
this way, the signal processor SPT provides the output 
signal at its terminal OS' after a constant time interval 
since the input of the plurality of orthogonal coordinate 
pairs to the signal processor SPT 

The advantage of the operation of such a signal 
processor SPT is now briefly explained with reference to 
the article 'Effect of amplitude clipping in DMT-ADSL 
transceivers' in Electronic Letters 22nd July 1 993 Vol. 29 
No. 15 page 1354 and 1355 by D. Mestdagh, J. Spruyt 
and B. Biran. The output signal OS equals the sum of N 
QAM signals. For large values of N, say N>= 10, the 
amplitude of the output signal is accurately modelled as 
a Gaussian Random Value with a zero mean value. After 
the first pass through the signal processor SPT, the mod- 
ulator MOD provides an output signal OS for which the 
probability that itsamplrtude is larger than the threshold 
amplitude Athres. is P. Forthe amplitude which is a Gaus- 
sian Random Value, this probability is readily determined 



by a person skilled in the art. If Mmax vector transforma- 
tions are performed on the same plurality of input vec- 
tors, the probability that the amplitude of the output signal 
OS provided by the modulator MOD after Mmax passes, 

5 is larger than the amplitude threshold Athres, is P A Mmax 
(P to the power Mmax). Indeed, this probability is uncon- 
ditional due to Mmax consecutive vector transformations 
which are independent of each other. As P<1 it is obvious 
that P A Mmax « P. 

10 The signal processor SPT is coupled to a digital-to- 
analog DAC converter which uses B1 bits to represent 
the amplitude values of the output signal provided by the 
SPT processor. The use of the above signal processor 
SPT reduces the probability that the amplitude of the out- 

is put signal OS is larger than the amplitude threshold Ath- 
res. Consequently, the amplitude value may be clipped 
to the latter amplitude threshold so that the DAC con- 
verter can use B2 bits instead of B1 bits. B2 being smaller 
than B1 , without signal quality loss. The signal quality is 

20 measured as noise to signal ratio (N/S) and (N/S)_B1 
(_B2) is readily determined by a person skilled in the art 
for the DAC using B1 (B2) bits for a maximimum ampli- 
tude Amax (Athres). However, the clipping of the ampli- 
tude introduces extra noise and the noise to signal ratio 

25 (N/S)_clip due to the clipping is also easily deducted by 
someone skilled in the art, from the probability distribu- 
tion of the amplitude of the output signal OS. In order to 
maintain the same signal quality the following condition 
(1) must be satisfied : 

30 (N/S)_B1 => (N/S)_B2 + (N/S)_clip_Mmax . 

(N/S)_clip_Mmax being the noise-to-signal ratio caused 
by clipping of the amplitude of the output signal OS after 
Mmax vector transformations. Developping this equation 
results in a relation between Athres, Amax, B1 and B2 

35 whereby the choice of Athres is related to the probability 
distribution of the amplitude of the output signal OS and 
related to the number of vector transformations per- 
formed by the VTC circuit i.e. Mmax. Moreover, the val- 
ues of Athres and of Mmax directly affect the value of 

40 (N/S)_clip_Mmax. 

As a result of the above, the use of the signal proc- 
essor SPT according to the invention reduces the prob- 
ability that the amplitude of the output signal OS is larger 
than the amplitude threshold, therefore the amplitude 

45 value may be clipped to the amplitude threshold value 
and the DAC coupled after the signal processor SPT only 
needs B2 bits to cover the amplitude range. All this is 
possible without signal quality loss as explained above. 
To be noted that Athres may be chosen in function of the 

so number of vector transformations Mmax. 

The output signal provided at the output terminal OS' 
of the SPT processor is converted to an analog signal in 
the DAC converter (not shown) and is transmitted over a 
communication line (not shown) coupled to the DAC con- 

55 verter via an interface circuit (not shown). At the other 
end of the communication line, a similar interface circuit 
(not shown) couples the communication line to an ana- 
log-to-digital ADC converter (not shown) which supplies 
an input signal, substantially like the above output signal, 
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to the input terminal IS of the signal processor SPR as 
shown in Fig 2. The operation of the signal processor 
SPR shown in Fig 2 is hereafter described. 

The demodulator DEMOD performs a so called Fast 
Fourier Transformation on the input signal and provides s 
a plurality of orthogonal coordinate pairs OUT at a like 
named plurality of output terminals. These coordinate 
pairs represent a corresponding plurality of signal vec- 
tors in the above mentioned signal vector plane. The sig- 
nal vectors represent QAM modulated signals the sum 10 
of which equals the input signal. The coordinate pairs 
OUT are passed to the detection and vector transforma- 
tion circuit DVTC. 

The DVTC circuit first of all detects which value is 
indicated by the signal vector represented by a predeter- is 
mined one of the coordinate pairs. This is done by means 
of comparing the coordinate values of the latter prede- 
termined coordinate pair, with predetermined coordinate 
values which are each indicative of a value like the above 
value and which are substantially equal to the above 20 
mentioned predetermined values indicative of the value 
of the CR register. The DVTC circuit then modifies all the 
other orthogonal coordinate pairs according to the above 
value so as to perform the inverse transformation of the 
above mentioned vector transformation performed by the 25 
VTC circuit of the SPT processor. Finally the DVTC cir- 
cuit provides the modified orthogonal coordinate pairs at 
the output terminals OUT of the SPR processor. 

It is shown that at the receiving side of the commu- 
nication line there is no signal quality loss caused by the 30 
use of a B2 bits ADC converter coupled to the SPR signal 
processor. 

The analog output signal which is supplied to the 
communication line via the interface circuit by the B2 bits 
DAC converter, is submitted to phase distortion while 35 
propagating over the latter communication line. This 
process is equivalent to performing a vector transforma- 
tion on the signal vectors representing the above men- 
tioned QAM signals. Consequently, the probability that 
the amplitude of the signal which is provided to the ADC 40 
converter by the interface circuit at the receiving side of 
the communication line, is larger than the amplitude 
threshold Athres which is the maximum range of the B2 
bits ADC converter, is P. Indeed, although the amplitude 
of the output signal is limited to the amplitude threshold 45 
at the transmitting side of the communication line, it is to 
be considered that the amplitude of the output signal 
received at the receiving side of the line may be larger 
then the amplitude threshold because the propagation 
over the latter line is equivalent with a vector transforma- so 
tion. In order to avoid signal quality loss at the receiving 
side of the communication line we thus have the condi- 
tion (2) : 

(N/S)„B2 + (N/S)_clip„1 <= (N/S)_B1 , which is 
like the condition at the transmitting side of the line, ss 
Indeed, the use of a B2 bits converter involves clipping 
of the amplitude and as explained above this introduces 
a noise to signal ratio (N/S)_clip_1 caused by the clipping 
of the amplitude after the propagation over the commu- 



nication line which is equivalent of one single vector 
transformation. To be noted that : 

(N/S)_clip_n2 = (N/S)_clip_n1 . P A (n1-n2) , P 
being the above mentioned probability that the amplitude 
is larger than Athres. The combination of (1) and (2) 
results in : 

2(N/S)_B1 >= 2(N/S)„B2 + (N/S)_clip_Mmax + 
(N/S)_clip_1. 
or 

2(N/S)_B1 >= 2(N/S)_B2 + (N/S)_clip_1 . (1 + 
P^Mmax-l)) 

which may be simplified to 

2(N/S)_B1 >= 2(N/S)_B2 + (N/S)_clip_1 
because P A (Mmax-1) « 1. 

So, the overal operation of the SPR and SPT proc- 
essors allows the use of less expensive DAC and ADC 
converters without signal quality being lost if conditions 
(1)and (2> are fulfilled. 

To be noted that that the received signal may be 
attenuated due to the propagation over the communica- 
tion line. Therefore, a so called automatic gain control or 
AGC circuit is coupled before the ADC converter so as 
to compensate this attenuation with a corresponding 
amplification of the received signal. 

If an echo canceller (not shown) is used in the digital 
domain i.e. coupled to the output terminal of the SPR 
processor, a like condition may be derived for the echoed 
signal. Let us suppose that a large analog echo signal is 
added to the received DMT signal. The latter analog 
echo signal is e.g. an attenuated part of another DMT 
signal which is transmitted on the same communication 
line but in the opposite direction of the received DMT sig- 
nal. This other DMT signal is provided by another SPT 
processor (not shown) which is also coupled to this echo 
canceller. Consequently, the signal which is supplied by 
the above AGC circuit to the ADC converter contains a 
large echo component and a much smaller received 
DMT signal component. Suppose that the range and bit 
precision of the DAC and ADC converters is identical, 
then it is clear that the full range of the DAC converter 
can not be used because the ADC converter needs 
enough precision for the sum of the echo signal and the 
received signal together. As the echo signal is not sub- 
jected to any phase distortion, and thus no extra vector 
transformation, the echo signal is not clipped at the ADC 
converter. For the path of the echo signal the following 
condition has to be fulfilled in order to maintain the same 
signal quality for the echoed signal : 

2(N/S)_B1 >= 2(N/S)_B2 + (N/S)_clip_Mmax. 
It is important to notice that the (N/S)_B2 (J31) is calcu- 
lated for the maximum amplitude which may be con- 
verted by the DAC or ADC converters and not for the 
amplitude threshold Athres I 

Consequently, in case of an echo cancelation scheme 
the number of bits used by the ADC and DAC converters 
may be reduced even more. Indeed, the gain in number 
of bits is readily obtained as 
2 _Jog( Athres__n 1 /Athres_n2) , Athres_x being the thresh- 
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old amplitude determined for x vector transformations 
and n1 < n2. 

To be noted that in the above mentioned echo can- 
celling scheme the DAC is over dimensioned. It is clear 
that the latter overdimensioning of the bit precision may s 
be optimised. 6. 

While the principles of the invention have been 
described above in connection with specific apparatus, 
it is to be clearly understood that this description is made 
only by way of example and not as a limitation on the 10 
scope of the invention. 



Claims 

1 . Signal processor (SPT) including first means (MOD) 
adapted to provide an output signal (OS 1 ) which 
equals the sum of a plurality of modulated signals 
represented in a signal vector plane by a plurality of 
input vectors (IN), 

characterized in that 

said signal processor further includes a cascade 
connection of third means (VTC) said first means 
and second means (PDC), said second means 
being adapted to activate a control signal at a control 
terminal thereof (CT) if the amplitude of said output 
signal exceeds a predetermined amplitude thresh- 
old, said third means being adapted to perform a 
predetermined transformation of said input vectors 
upon said control signal being activated, said sec- 
ond means further being adapted to provide said 
output signal at an output terminal of said signal 
processor. 

2. Signal processor according to claim 1 , 
characterized in that 

said plurality of input vectors are represented in said 
signal vector plane by a plurality of orthogonal coor- 
dinate pairs and that said first means is adapted to 
process said output signal by means of an inverse 
fast fourier transformation of said plurality of orthog- 
onal coordinate pairs. 

3. Signal processor according to claim 1 , 
characterized in that 

said predetermined transformation comprises a 
rotation in said signal vector plane of said input vec- 
tors over respective predetermined angles. 

4. Signal processor according to claim 3, 
characterized in that 

said predetermined transformation further com- 
prises a multiplication of the amplitudes of said input 
vectors with respective predetermined factors. 

5. Signal processor according to claim 1 , 
characterized in that 

said signal processor includes a counter register 
(CR) which is coupled between said second and 
said third means and which is incremented upon 



said control signal being activated, and that said out- 
put signal is provided at said output terminal by said 
second means if a value of said counter register 
exceeds a predetermined counter threshold. 

Signal processor according to claim 5, 
characterized in that 

said predetermined transformation is performed 
according to said value of said counter register and 
that said third means is adapted to set a predeter- 
mined one of said input vectors in such a way as to 
being indicative of said value of said counter regis- 
ter. 



is 7. Signal processor according to claim 5, 
characterized in that 

said second means further includes storage means 
(BUF) adapted to store said output signal during a 
time period determined by said value of said counter 
20 register. 

8. Signal processor according to claim 6, 
characterized in that 

said storage means is adapted to store said output 
25 signal as a sequence of digital amplitude values, and 
that said second means is adapted to limit said dig- 
ital amplitude values to said predetermined ampli- 
tude threshold. 

30 9. Signal processor (SPR) including first means 
(DEMOD) adapted to provide a plurality of output 
vectors (OUT) representing a plurality of modulated 
signals in a signal vector plane, an input signal (IS) 
of said signal processor being comprised of said 

35 modulated signals, 
characterized in that 

said signal processor includes the cascade connec- 
tion of said first means and second means (DVTC), 
said second means being adapted to perform a pre- 
40 determined transformation of said output vectors 
according to a value indicated by a predetermined 
one of said output vectors. 

10. Signal processor according to claim 9, 
45 characterized in that 

said plurality of output vectors are represented in 
said signal vector plane by a plurality of orthogonal 
coordinate pairs, and that said first means is 
adapted to process said plurality of orthognal coor- 
50 dinate pairs by means of a fast fourier transform of 
said input signal. 

11. Signal processor according to claim 9, 
characterized in that 

55 said predetermined transformation comprises a 
rotation in said signal vector plane of said output vec- 
tors over respective predetermined angles. 
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12. Signal processor according to claim 11, 
characterized in that 

said predetermined transformation further com- 
prises a multiplication of the amplitudes of said out- 
put vectors with respective predetermined factors. 5 
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